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(57)[ABSTRACT OF THE DISCLOSURE] 



[SUBJECT OF THE INVENTION] 

To provide the high-frequency compensation 
apparatus and method which can perform 
high-frequency compensation virtually with 
respect to an audio signal of limited frequency 
band. 
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[PROBLEM TO BE SOLVED] 

In the A/D converter 123, in the processing part 
12, it samples the analog sound outputted from 
the analog sound source 11 having a maximum 
frequency limit of 8kHz, at 16kHz which is twice 
the maximum frequency, and provides a digital 
signal. 

It carries out so-called zero-order interpolation 
to the center of a digital signal, and performs 
low-pass filtering processing as a 32kHz digital 
signal. 

After performing envelope processing in 
predetermined characteristics, in D/A converter 
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124, it decompresses to an analog sound at 32 
kHz, it outputs from loudspeaker 14 via amplifier 
13. 

This processing enables it to perform 
high-frequency compensation virtually with 
respect to an audio signal of limited frequency 
band. 
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[CLAIMS] 



[CLAIM 1] 

A sampling means for sampling the analog 
signal with which the band was limited with the 
predetermined maximum frequency at the 
sampling frequency which is a frequency of at 
least two (integer) times the a predetermined 
maximum frequency, and converting into a 
digital signal. 

An interpolation means for interpolating 
between the digital signals outputted from said 
sampling means at the interpolation frequency 
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which is a frequency of at least two (integer) 
times the sampling frequency, and outputting an 
interpolation digital signal. 
A removal means for removing the frequency 
band component more than the sampling 
frequency of the interpolation digital signal 
outputted from said interpolation means, and 
outputting a low-pass digital signal. 
An equalizer means for shaping the envelope of 
the low-pass digital signal outputted from said 
removal means to a predetermined envelope, 
and outputting a shaped digital signal. 



tuiS^^-flf^^^^Ui^j^ti A decompression means for decompressing the 



shaped digital signal outputted from said 
equalizer means to an analog signal at 
interpolation frequency. 

The high-frequency compensation apparatus of 
the audible sound signal having the above. 
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[CLAIM 2] 

A sampling step for sampling the analog signal 
with which the band was limited with the 
predetermined maximum frequency at the 
sampling frequency which is a frequency of at 
least two (integer) times the a predetermined 
maximum frequency, and converting into a 
digital signal. 

An interpolation step for interpolating between 
the digital signals produced in said sampling 
step at the interpolation frequency which is a 
frequency of at least two (integer) times the 
sampling frequency, and outputting an 
interpolation digital signal. 
A removal step for removing the frequency band 
component more than the sampling frequency 
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of the interpolation digital signal produced in 
said interpolation step, and outputting a 
low-pass digital signal. 

An equalizer step for shaping the envelope of 
the low-pass digital signal produced in said 
removal step to a predetermined envelope, and 
outputting a shaped digital signal. 



A decompression step for decompressing the 
shaped digital signal produced in said equalizer 
step to an analog signal at interpolation 
frequency. 

The high-frequency compensation method of 
the audible sound signal which consists of 
these. 



[DETAILED DESCRIPTION OF THE 
INVENTION] 



[0001] 



[0001] 



[TECHNICAL FIELD OF THE INVENTION] 

The present invention relates to the 
high-frequency compensation apparatus of an 
audible sound signal, and an apparatus. In 
particular, the invention relates to the 
high-frequency compensation apparatus and 
method which performs virtual high-frequency 
compensation with respect to an audible sound 
signal of limited frequency band. 
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V&?k<n&M] [PRIOR ART] 

CD^T'^ffi^tiTi/ N 5x-fv^ Owing to the digital-audio processing currently 
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used with CD etc., at the time of the recording, 
the reproduction, and playback of an audio 
signal, since degradation of a tone quality does 
not arise, it is used widely now. 

[0003] 

[PROBLEM TO BE SOLVED BY THE 
INVENTION] 

However, in order to limit a frequency to a 
predetermined band in digital-audio processing, 
the high frequency audible sound outside a 
band will be removed. 
For this reason, it is unavoidable that the 
insufficient feeling of high-range arises at the 
time of reproduction. 

It is the aim of the present invention to provide a 
high-frequency compensation apparatus and 
method which takes into consideration in the 
above-mentioned task and can virtually perform 
high-frequency compensation with respect to an 
audible sound signal of limited frequency band. 

[0004] 

[MEANS TO SOLVE THE PROBLEM] 

The high-frequency compensation apparatus of 
the audible sound signal related to Claim 1 
comprises the following. 
A sampling means to sample the analog signal 
with which the band was limited with the 
predetermined maximum frequency at the 
sampling frequency which is a frequency of at 
least two (integer) times the a predetermined 
maximum frequency, and to convert into a 
digital signal. 
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An interpolation means to interpolate between 
the digital signals outputted from a sampling 
means at the interpolation frequency which is a 
frequency of at least two (integer) times the 
sampling frequency, and to output an 
interpolation digital signal. 
A removal means to remove the frequency band 
component more than the sampling frequency 
of the interpolation digital signal outputted from 
an interpolation means, and to output a 
low-pass digital signal. 

An equalizer means to shape the envelope of 
the low-pass digital signal outputted from a 
removal means to a predetermined envelope, 
and to output a shaped digital signal. 
A decompression means to decompress the 
shaped digital signal outputted from an 
equalizer means to an analog signal at 
interpolation frequency. 
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[0005] 

The high-frequency compensation method of 
the audible sound signal related to Claim 2 
consists of the following. 
A sampling step which samples the analog 
signal with which the band was limited with the 
predetermined maximum frequency at the 
sampling frequency which is a frequency of at 
least two (integer) times the a predetermined 
maximum frequency, and it converts into a 
digital signal. 

An interpolation step which interpolates 
between the digital signals produced in the 
sampling step at the interpolation frequency 
which is a frequency of at least two (integer) 
times the sampling frequency, and outputs an 
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interpolation digital signal. 

A removal step which removes the frequency 

band component more than the sampling 

frequency of the interpolation digital signal 

produced in the interpolation step, and outputs 

a low-pass digital signal. 

An equalizer step which shapes the envelope of 

the low-pass digital signal produced in the 

removal step to a predetermined envelope, and 

outputs a shaped digital signal. 

The decompression step which decompresses 

the shaped digital signal produced in the 

equalizer step to an analog signal at 

interpolation frequency. 
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[EMBODIMENT OF THE INVENTION] 

FIG. 1 is the structure figure of the Example of 
this invention, the analog audio signal outputted 
from the analog sound source (for example, 
cassette recorder) 11 is inputted into the 
processing part 12, and virtual high-frequency 
compensation is performed. 
The processing part 12 is constituted centering 
on DSP (digital signal processor)121, and 
consists of memory 122, an A/D converter 123, 
D/A converter 124, and microcomputer 125 for 
control. 



[0007] 



[0007] 

After high-frequency compensation is 
performed in the processing part 12 and an 
analog signal decompresses, it is amplified with 



frbm- rkLXltitl&ti&o M2\t amplifier 13 and outputted as a sound from 
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loudspeaker 14. 

FIG 2 is the flowchart of the processing routine 
performed in the processing part 12, and is 
performed as interruption processing for every 
predetermined timing. 
Moreover, FIG. 3 is the frequency-spectrum 
figure of a processing waveform in each-step 
floor, a horizontal axis represents a frequency 
and the vertical axis represents a power. 

[0008] 

FIG. 3 (i) shall be the frequency-spectrum figure 
of the analog audio signal outputted from the 
analog sound source 11, and the maximum of a 
frequency band shall be limited to 8 kHz. 
In Step 21, it samples an analog audio signal at 
16 kHz which is twice the frequency of 
maximum frequency 8 kHz, and takes in in the 
processing part 12. 

FIG. 3 (ro) is the frequency-spectrum figure of 
the analog audio signal of the audio signal after 
sampling at 16 kHz, it adds it to the original 
frequency band of 8 kHz, and a component 
produces it by return. 
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[0009] 

In Step 22, it performs what is called zero-order 
interpolation that adds a zero signal to the 
center of the signal sampled at 16 kHz. 
Next, it performs the high-frequency removal 
processing which makes 16kHz cutoff 
frequency in Step 23, and removes a 
folded-back ingredient 16kHz or more. 
FIG 4 is the diagram of zero-order interpolation, 
and it takes time along a horizontal axis and it 
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[0010] 

Namely, FIG. 4 (i) is the signal of 16 kHz, and a 
signal exists for every 62.5 micron second. 
FIG. 4 (ro) is a signal after zero-order 
interpolation, and a zero signal is inserted 
between signals for every 62.5 micron second, 
and it constitutes a sampling signal of 32 kHz 
seemingly. 

FIG. 4 (ha) is a signal after a high periphery 
breakwater removal processing, and processing 
which smooths the waveform of a segment of 
time is performed. 
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[0011] 

Furthermore, it outputs the analog audio signal 
with which it performed equalizing processing 
which it shapes to the envelope which 
predetermined the frequency in order to set it as 
a predetermined tone quality in Step 24, and it 
performed D/A conversion at 32 kHz in Step 25, 
and high-frequency compensation was carried 
out, and completes this processing. 
In addition, in above-mentioned Embodiment, it 
supposes that it A/D converts an analog audio 
signal on the frequency of the double of a 
maximum frequency. 

However, it is sufficient to AID convert on the 
frequency more than triple. 
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[0012] 

Moreover, it is making cutoff frequency of 
low-pass filtering processing into the frequency 
of the double of a maximum frequency. 
However, it can make the frequency more than 
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triple into cutoff frequency. 
Furthermore, it is making interpolation 
frequency and the frequency of D/A conversion 
into frequency 4 times the frequency of a 
maximum. 

However, it can also set it as the frequency 
more than the double of the frequency of A/D 
conversion. 
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[ADVANTAGE OF THE INVENTION] 

Based on the high-frequency compensation 
apparatus of the audible sound signal related to 
Claim 1 , and the high-frequency compensation 
method of an audible sound signal related to 
Claim 2, it becomes possible to virtually 
compensate the high-range more than a 
maximum frequency, for an analog signal 
whose frequency band is limited. 



[BRIEF DESCRIPTION OF THE DRAWINGS] 
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[FIG. 1] 

It is the composition figure of an Example. 



[IH2] [FIG. 2] 

#iJ!yv— =f-y<T)yu— ^-y— hX It is the flowchart of a processing routine. 

<fo<5 0 

[03] [FIG. 3] 

faffl&l&tDfflfc&x^fh/i'fflX It is the frequency-spectrum figure of a 

hZ><> processing waveform. 
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[FIG. 4] 
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It is the diagram of zero-order interpolation. 



[DESCRIPTION OF SYMBOLS] 

11... an analog sound source 
12... a processing part 
13... amplifier 
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14... a loudspeaker 
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[FIG. 2] 
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[FIG 3] 
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8fc$tt Frequency spectra for (i), (ro), (ha) and (ni). 
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[FIG. 4] 
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Zero-order interpolation for (i), (ro) and (ha). 
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